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BACKGROUND OF THE INVENTION 

This invention relates to an equalizer incorporated in a data receiver apparatus used in, for example, a 
digital mobile radio telephone system. 

An equalizer of this kind is described in IEEE Global Telecommunications Conference & Exhibition, Dallas, 
Texas, November 27-30, 1989, Conference Record Vol.1 of 3, pp.95-101. Such a prior art equalizer will befirst 
described before describing the present invention in detail later. 

Fig.1 shows the structure of one form of a burst signal processed by an equalizer incorporated in a data 
receiver apparatus used in , for example, a digital mobile radio telephone system, and Fig.2 shows the waveform 
of an impulse response of a transmission channel. This impulse response includes not only that of an impulse 
signal transmitted from a transmitting antenna and directly received by a receiving antenna but also that of 
t he impulse signal reflected by, for example, a building and then received by the receiving antenna wit h a delay 
time. Fig.3 shows the structure of the prior art equalizer incorporated hitherto in the data receiver apparatus. 
Practically, two equalizers, each of which is as shown in Fig. 3, are used in the data receiver apparatus. In 
Fig.3, a received signal is applied from an input terminal 1 to a plurality of delay elements 2. Outputs from a 
plurality of weighting elements 3 having respectively different weight coefficients are applied to an adder 4, 
and the output from the adder 4 is applied to a comparator 5 to appear as an output 6 from the equalizer. At 
the same time, the output 6 from the equalizer is applied to a plurality of delay elements 9 associated with a 
plurality of weighting elements 10. 

The operation of the prior art equalizer shown in Fig.3 will now be described. Referring to Fig.3, the re- 
ceived signal is stored in a delay line of each of the delay elements 2 (six samples in the arrangement shown 
in Fig.3), and, after the outputs appearing at individual taps are multiplied by the weight coefficients of the 
weighting elements 3 respectively, the outputs from the weighting elements 3 are added together by the adder 
4. Thus, a digital filter of FIR (finite impulse response) type provides an output in which waveform distortion 
due to the signal transmission through the transmission channel is compensated. The comparator 5 acts to 
convert the output from the FIR type digital filter into the corresponding amplitude. (For example, in the case 
of GMSK modulation, the comparator 5 generates its output +1 when its input is positive and -1 when its input 
is negative.) This output from the comparator 5 provides the output 6 of the equalizer and is stored in a delay 
line of the each of the delay elements 9. After the outputs appearing at individual taps are multiplied by the 
weight coefficients of the weighting elements 1 0 respectively, the outputs from the weighting elements 10 are 
added together by the adder 4. Thus, a digital filter of MR (infinite impulse response) type provides an output 
in which waveform distortion due to the signal transmission through the transmission channel is compensated. 
In Fig.3, the digital filter of the FIR type and that of the MR type are indicated by the blocks 11 and 12 surrounded 
by broken lines respectively. 

The MR type digital filter referred to above is effective only for waveform distortion due to waveform com- 
ponents (23 to 26 in Fig.2) appearing after a main waveform component 22 (the component having the highest 
power level) relative to time. On the other hand, the FIR type digital filter is effective for both the components 
appearing after and before the main waveform component relative to time. However, the MR type digital filter 
is more effective than the FIR type digital filter for the components appearing after the main waveform com- 
ponent relative to time. 

Suppose now the case where the equalizer having the structure shown in Fig.3 is used to deal with a burst 
signal in which a reference signal part is interposed between a former half data part and a latter half data part 
as shown in Fig.1. In the burst signal shown in Fig.1 , both the former and latter half data are voice data sub- 
jected already to error correction coding, and the reference signal is in the form of a fixed pattern determined 
to meet the system. The reference signal part used in the burst signal is a digital pattern of "1" or "0". In the 
equalizer, the initial values of the weight coefficients of the weighting elements are determined on the basis 
of the reference signal. Thus, the latter half data part is equalized in a direction as shown by the arrow B in 
Fig.1, while the former half data part is equalized in a direction as shown by the arrow A which is opposite to 
the direction B relative to time t. Therefore, in such a case, it is necessary to use two equalizers each having 
the structure shown in Fig.3. Further, in Fig.3, the range of signal waveform delays is selected to be, for ex- 
ample, 5T, where T represents the length of time of one symbol and is the reciprocal of the bit rate in the case 
of a binary modulation, such as, the GMSK modulation. That is, T = 5 u, when the bit rate = 200 kb/s. when 
the value of T is so selected, the maximum number of taps required for the FIR type digital filter is 6, because 
this digital filter is effective for waveform distortion due to both the waveform components appearing after 
and before the main waveform component relative to time. On the other hand, the maximum number of taps 
required for the IIR type digital filter is 5, because this digital filter is effective only for waveform distortion due 
to the components appearing after the main waveform component relative to time. Thus, taking into consid- 
eration the condition of the signal transmission channel, it is necessary to provide the maximum number of 

2 



0541225A1 I > 



EP 0 541 225 A1 



taps for each of these digital filters. Therefore, in this case, each of the two equalizers includes the 6-tap FIR 
type digital filter and the 5-tap MR type digital f Dter. 

As described above, the FIR type digital filter and the IIR type digital filter are combined to form the prior 
art equalizer incorporated in the data receiver apparatus. Therefore, the equalizer can compensate both the 
5 waveform distortion due to the components appearing after the main waveform component relative to time 
and that due to the components appearing before the main waveform component relative to time. 

However, the prior art equalizer incorporated in the data receiver apparatus has had such various problems 
that, because the equalizer requires the large number of taps, the number of signal processing is correspond- 
ingly increased, and difficulty is encountered for reducing the, power consumption and size of the equalizer. 

10 

SUMMARY OF THE INVENTION 

It is an object of the present invention to provide an equalizer for use in a data receiver apparatus, in which 
the number of required taps is reduced without impairing the effect of compensation of waveform distortion 
15 due to signal transmission through a transmission channel, which reduces the number of times of required ar- 
ithmetic and logical processing to about the half of the prior art value, and which facilitates the desired reduc- 
tion of the power consumption and size. 

According to the present invention which attains the above object, the total number of the taps is reduced 
to about the half of the prior art value by disposing a plurality of selector switches in line with the delay lines 
20 of the equalizer, so that the number of taps of the FIR and IIR type digital filters can be allocated to be optimized 
to deal with each burst signal. 

Therefore, according to the present invention, the selector switches disposed in line with the delay lines 
of the equalizer are used to allocate the number of taps to be optimum for each burst signal, so that the total 
number of the taps can be reduced to about the half of the prior art value, thereby reducing the number of 
25 times of required arithmetic and logical processing to about the half of the prior art value and attaining the 
desired reduction of the power consumption and size of the equalizer. 

BRIEF DESCRIPTION OF THE DRAWINGS 

30 Fig.1 shows the structure of one form of a burst signal. 

Fig.2 is a waveform diagram showing an impulse response of a data signal transmission channel. 
Fig.3 is a block diagram showing the structure of a prior art equalizer incorporated hitherto in a data re- 
ceiver apparatus. 

Fig.4 is a block diagram showing the structure of an embodiment of the equalizer of the present invention 
35 suitable for use in a data receiver apparatus. 

Fig.5 shows the structure of a data receiver apparatus in which two equalizers embodying the present in- 
vention are incorporated. 

Figs.6A and 6B illustrate two forms of a channel impulse response. 

Fig.7 is a block diagram showing in detail the relation between the controller and one of the equalizers 
40 shown in Fig.5. 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 

Fig.4 is a block diagram showing the structure of an embodiment of the equalizer of the present invention 
45 suitable for use in a data receiver apparatus, and, in Fig.4, like reference numerals are used to designate like 
parts appearing in Fig.3. Referring to Fig.4, an input signal is applied through a signal input terminal 1 to a 
plurality of delay elements 2. Outputs from a plurality of weighting elements 3 are applied to an adder 4, and 
the output from the adder 4 is applied to a comparator 5 to appear as an output 6 from the equalizer. At the 
same time, the output 6 from the equalizer is applied to another delay element 8. The equalizer according to 
so the present invention further comprises a plurality of selector switches 7a to 7e disposed in line with the re- 
spective delay elements 2. 

Fig.5 shows the structure of a data receiver apparatus in which two equalizers 33 and 34 each having the 
structure as shown in Fig.4 are incorporated. Referring to Fig.5, an RF signal received by an antenna 30 is 
converted into its baseband signal by a demodulator 31. The RF signal referred to herein is a digital signal. 
55 The baseband signal is temporarily stored in a memory 32 before it is applied to the equalizers 33, 34 and a 
controller 35. The controller 35 controls the selector switches 7 in the equalizers 33 and 34 in response to the 
baseband signal stored in and applied from the memory 32. An error corrector 36 carries out error correction 
and decoding of the baseband signal, because the RF signal received by the antenna 30 has been subjected 
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already to error correction coding at the signal transmitter. The digital signal subjected to the error correction 
and decoding in the error corrector 36 is then decoded into its original voice signal by a voice signal decoder 
37 to appear as an output of the data receiver apparatus. 

The operation of the data receiver apparatus shown in Fig. 5 will now be described. First, an RF signal re- 
5 ceived by the antenna 30 is demodulated by the demodulator 31 into its baseband signal. Then, the demodu- 
lated baseband signal is temporarly stored in the memory 32. This is because the input signal consists of a 
C former half data part, a reference signal part and a latter half data part continuously arrayed from the left toward 

the right on the time base. Therefore, after storing the baseband signal in the memory 32, the latter half data 
part is equalized in the order of from the reference signal part to the latter half data part in the direction of the 

io arrow B in Fig.1, while the former half data part is equalized in the order of from the reference signal part to 
the former half data part in the direction of the arrow A which is opposite to the direction of progress of the 
time t. It is apparent that the equalizers 33 and 34 carry out selective equalization of the former half data part 
and the latter half data part only. 

Suppose now the case where these equalizers 33 and 34 are used to deal with a burst signal in which a 

15 reference signal part is interposed between a former half data part and a latter half data part as shown in Fig.1 . 
Herein, the reference signal is a known signal, and its auto-correlation is represented by an impulse signal as 
shown in Fig.6A. Therefore, when the correlation between the input of the equalizers 33, 34 and the pattern 
of the reference signal that is the known signal is taken, the result is as shown in Fig.6A when the input is free 
from waveform distortion. On the other hand, when the input includes a waveform component reflected from 

20 an obstacle existing in the signal transmission channel, the result will be as shown in Fig.6B. That is, the chan- 
nel impulse response can be estimated. In Fig.6B, the symbol a indicates the signal transmitted from the trans- 
mitting antenna and directly received by the receiving antenna, while the symbol p indicates the signal reflected 
by, for example, a building and received by the receiving antenna with a time difference At. Therefore, when 
the channel impulse response is detected, the desired impulse response of each of the equalizers 33 and 34 

25 is determined so that the result of convolution between the detected channel impulse response and the desired 
equalizer impulse response becomes as close to the channel impulse response shown in Fig.6A as possible, 
thereby determining the initial values of the weight coefficients of the weighting elements. More concretely, 
the matrix is prepared on the basis of the auto-correlation of the input of the equalizers 33, 34 and the cross- 
correlation between the equalizer input and the known signal so as to determine the initial values of weight 

30 coefficients by solving the matrix. The input signal is equalized by the use of the initial values of the weight 
coefficients so determined. These initial values are determined for each burst signal. 

When the range of the signal waveform delays in the impulse response of the signal transmission channel 
is, for example, 5T as shown in Fig.2, the maximum number of required taps is 6 in the case of the FIR type 
digital filter and 5 in the case of the MR type digital filter. Thus, the range of the signal waveform delays differs 

35 depending on the condition of the signal transmission channel, and the maximum number of the required taps 
of each of the equalizers 33 and 34 differs also depending on the condition of the signal transmission channel. 
Suppose now that the impulse response of the signal transmission channel is, for example, as shown in Fig.2. 
In such a case, the waveform components 23 to 26 are delayed by 4T from the main waveform component 
22 relative to time, and the waveform component 21 is advanced by 1T from the main waveform component 

40 22 relative to time. In this case, the FIR type digital filter having 2 taps and the IIR type digital filter having 4 
taps can satisfactorily deal with the latter half data part of the burst signal, while the FIR type digital filter havig 
5 taps and the IIR type digital filter having 1 tap can satisfactorily deal with the former half data part of the 
burst signal. This is because, in the case of the equalizer used for equalizing the latter half data part of the 
burst signal in the order of from the reference signal part to the latter half data part in the direction of the arrow 

45 B in Fig.1, the FIR type digital filter which is effective for cancelling the waveform component 21 appearing 
before t he main waveform component 22 (whose power level is highest of all) relative to time requires t he num- 
ber of taps larger than p + 1 at least where p is the number of waveform components appearing before the 
main waveform component 22 relative to time, while the IIR type digital filter which is effective for cancelling 
the waveform components 23 to 26 appearing after the main waveform component 22 relative to time requires 

so the number of taps larger than q at least, where q is the number of waveform components appearing after the 
main waveform component 22 relative to time. On the other hand, the equalizer dealing with the former half 
data part of the burst signal equalizes in the order of from the reference signal part to the former half data 
part in the direction of the arrow A in Fig.1 t that is, in the relation inverted with respect to time. Therefore, the 
number of taps of each of its digital filters is determined by inverting the impulse response shown in Fig.2 with 

55 respect to time. 

Thus, when the numbers of taps of the FIR type and IIR type digital filters forming the equalizer dealing 
with the latter half data part of the burst signal are A and B respectively, and those of the FIR type and IIR 
type digital filters forming the equalizer dealing with the former half data part of t be burst signal are C and D 

4 



BNSDOCJD: <EP 0541225A1 I > 



EP 0 541 225 A1 



respectively, these equalizers can operate to exhibit the performance equivalent to that of the prior art equal- 
izer when the values of A, B, C and D are selected to satisfy the relations A + B = C + D = 6, A + C = 7 and B 
+ D = 5 (A, C = 1 to 6, and B, D = 0 to 5). 

Therefore, each of the two equalizers is designed to include the selector switches 7 as shown in Fig.4. It 
5 is considered herein that the range of signal waveform delays is nT (n: a natural number). According to such 
a consideration, the above relations among A, B, C and D are now expressed asA + B = C+ D = n+ 1 , A + C 
= n + 2 ( and B + D = n (A, C = 1 to n + 1, and B, D = 0 to n). Thus, whereas the total number of taps of the 
prior art equalizer is 2 X (2n + 1), the total number of taps of the two equalizers used in the present invention 
is 2 X (n + 1) which is about the half of the prior art value. 

10 The manner of switch-over of the selector switches 7 will be described by reference to Fig. 7. In Fig. 7, the 

equalizer 34 controlled by the controller 35 is used to deal with the latter half data part of the burst signal. Re- 
ferring to Fig.7, an impulse response estimator 41 estimates the channel impulse response, and, on the basis 
of the estimated channel impulse response, a tap shaping determiner 42 determines the shaping of the taps. 
The output of the tap shaping determiner 42 is applied to a switch controller 43 which controls the selector 

15 switches 7. Describing in more detail, the channel impulse response estimator 41 computes the cross- 
correlation between the received signal (temporarily stored in and outputted from the memory 32) and the 
known signal (thef ixed value), and the result of computation of the cross-correlation is regarded as the channel 
impulse response. In response to the output from the channel impulse response estimator 41, the tap shaping 
determiner 42 detects the timing of appearance of the main waveform component22 (having the highest power 

20 level) with respect to time, and, on the basis of the detected timing of the main waveform component 22 (which 
appears as a second waveform component in Fig.2), determines the respective numbers of taps to be shaped 
to the FIR type and IIR type digital filters. Table 1 shows the number of taps shaped to each of the FIR type 
and IIR type digital filters together with the position of each of the selector switches 7a to 7e, by way of example. 
The switch controller 43 controls the position of each of the selector switches 7a to 7e in the equalizer according 

25 to the result of the tap shaping determined by the tap shaping determiner 42 as shown in Table 1 . Also, when 
the number of required taps of the FIR type digital filter in the equalizer dealing with the latter half data part 
of the burst signal is so determined, the number of required taps of the IIR type digital filter in the equalizer 
dealing with the latter half data part of the burst signal, and those of the FIR type and IIR type digital filters 
forming the equalizer dealing with the former half data part of the burst signal can be primarily determined. 

30 Therefore, the information regarding the number of required taps of the FIR type digital filter only of the equal- 
izer dealing with the latter half data part of the burst signal need be supplied from the tap shaping determiner 
42 to the switch controller 43. Fig.7 shows that the selector switch 7b only is set in its "upper" position, and, 
in this case, the number of taps of the FIR type digital filter is 2, while that of the IIR type digital filter is 4. In 
Fig.7, these digital filters are indicated by the blocks surrounded by the broken lines 13 and 14 respectively. 

35 
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Number of taps 


Position of selector switches 7 


FIR type 


IIR type 


7a 


7b 


7C 


7d 


. 7e 


6 


0 


low 


low 


low 


low 


low 


5 


1 


low 


low 


low 


low 


up 


4 


2 


low 


low 


low 


up 


low 


3 


3 


low 


low 


up 


low 


low 


2 


4 


low 


up 


low 


low 


low 


1 


5 


up 


low 


low 


low 


low 



Therefore, the selector switches 7 shown in Fig.4 operate relative to each other as shown in Table 1 ac- 
cording to the condition of the signal transmission channel so that the numbers of taps of the FIR type and 
IIR type digital filters are shaped respectively to meet the relations described above. The output signal from 
the memory 32 is stored in the delay lines of the delay elements 2, and, after the outputs from the individual 
taps are multiplied by the weight coefficients of the respective weighting elements 3, the outputs from the 
weighting elements 3 are added together in the adder 4, so that the adder 4 provides the output in which wa- 
veform distortion due to signal transmission through the signal transmission channel is compensated by the 
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function of the FIR type digital filter. The output from the adder 4 is converted into the predetermined amplitude 
by the discriminator 5. (In the case of, for example, the GMSK modulation, the discriminator 5 generates its 
output 1 and -1 when its input is positive and, negetive respectively.) The discriminator output appears as the 
output 6 from the equalizer and is, at the same time, fed back through the delay element 8, so that waveform 

5 distortion due to signal transmission through the transmission channel is also compensated by the function 
of the IIR type digital filter. 

It will be understood from the foregoing description of the embodiment of the equalizer according to the 
present invention that the number of taps of the FIR type digital filter and that of the IIR type digital filter are 
shaped by the function of the selector switches 7 each time the burst signal is received. Therefore, the present 

10 invention is advantageous in that the total number of the required taps of the equalizer can be reduced to about 
the half of the prior art value. 
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Claims 



1. An equalizer for use in a data receiver apparatus, comprising: 

a plurality of delay elements (2) storing a data signal transmitted through a signal transmission 
channel and received by a receiving antenna; 

a plurality of weighting elements (3) multiplying the signal successively stored in said plural delay 
20 elements by their weight coefficients respectively; 

an adder (4) adding the output signals from said plural weighting elements; 

a discriminator (5) converting the result of addition by said adder into a predetermined amplitude; 

and 

a plurality of selector switches (7) selectively switched over to allocate the number of taps optimum 
25 for each burst signal. 

2. An equalizer according to Claim 1 , further comprising a controller (35) controlling switching of said selector 
switches (7) by estimating the impulse response of the signal transmission channel. 



3. An equalizer for use in a data receiver apparatus, comprising: 
a plurality of delay elements (2) successively delaying an input signal transmitted through a signal 

transmission channel and received by a receiving antenna; 

a plurality of weighting elements (3) multiplying the input signal and the successively delayed out- 
put signals from said plural delay elements by their weight coefficients respectively; 
an adder (4) adding the output signals from said plural weighting elements; 
a discriminator (5) converting the result of addition by said adder into a predetermined amplitude; 
feedback paths including a delay element (8) forfeeding back the output signal of said discriminator 
to the respective output terminals of said plural delay elements; and 

a plurality of selector switches (7) selecting said feedback paths for selectively connecting the out- 
puts of said plural delay elements to the inputs of said plural weighting elements. 

4. An equalizer according to Claim 3, further comprising a controller (35) controlling switching of said selector 
switches (7) by estimating the impulse response of the signal transmission channel. 

5. An equalizer according to Claim 3, further comprising a controller (35) switching only one of said plural 
45 selector switches (7) to connect said selected selector switch to said feedback paths. 

6. A data receiver apparatus including: 

a memory (32) storing a received signal transmitted through a signal transmission channel and de- 
modulated into its baseband signal by a demodulator (31); 
50 an equalizer (33, 34) equalizing the received signal demodulated into its baseband signal; 

an error corrector (36) correcting any error included in the output signal from said equalizer; and 
a voice decoder (37) decoding the voice data of the signal subjected to the error correction by said 
error corrector, 

said equalizer comprising: 

55 plurality of delay elements (2) successively delaying the input signal applied from said memory; 

a plurality of weighting elements (3) multiplying the input signal from said memory and the suc- 
cessively delayed output signals from said plural delay elements by their weight coefficients respectively; 

6 
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an adder (4) adding the output signals from said weighting elements; 

a discriminator (5) converting the result of addition by said adder into a predetermined amplitude; 

feedback paths including a delay element (8) for feeding back the output of said discriminator to 
the respective output terminals of said plural delay elements; and 
5 a plurality of selector switches (7) selecting said feedback paths for selectively connecting the out- 

puts of said plural delay elements to the inputs of said plural weighting elements. 

7. A data receiver apparatus according to Claim 6, further comprising a controller (35) controlling switching 
of said plural selector switches (7)by estimating the impulse response of the signal transmission channel. 
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